Abstract-Next-generation wireless networks (NGN) and internet of Thing (IoT) become two leaders of designing mobile multimedia services. The deployment of these services using heterogeneous wireless networks will be the important factor that leads to profound change in the way that these services are delivered. Also, how these services will be managed is a real challenge. Consequently, Seamless mobility management should be provided to support various services in heterogeneous networks. A SIP-based network appears as a very attractive alternative to mobile multimedia applications. In this paper, we introduce a novel mobility management strategy for mobile SIP networks, in which we develop a seamless handover used mobile SIP scheme called SM-SIP (Seamless Mobility Management for Heterogeneous Wireless Networks for Mobile SIP environment). SM-SIP can significantly reduce the system signaling cost and handover delay, by proactively processing the address allocation and session updates using link layer information of wireless networks. Also, our performance study shows that SM-SIP reduces efficiently packets loss using an anticipated buffering scheme.
I. INTRODUCTION
In the last few years the number of mobile devices as well as access technologies has increased and the number devices are expected to increase with growing speed [1] . In addition, the rise of these devices in a communicating network creates the Internet of Things (IoT) which is the next revolutionary technology in transforming the internet into a fully integrated future internet [2] .
This new concept will provide new services and ubiquitous communications including large numbers of nodes (PDAs, laptops, sensors, etc.) with varying functionalities and carried by heterogeneous wireless networks (HWNs) [3] [4] [26] . So, designing these new services is a real challenge to overcome. In this work, we focus on the mobility management of these services in heterogeneous wireless networks (Fig.1) .
Fig.1. SM-SIP application
In our mobile multimedia service design, we assume that we have three important components: the first is the wireless sensing networks formed by the wireless sensor nodes. The second is cluster head in which a node serves as cluster head (CH) that buffer data originated from sources and transfer to sink nodes when they arrive. CH enables sink node to collect a large volume of data at a time without traveling long distances, Sink node moves along sensing areas and transmits sensing information to the third component which is the end-user which in turn may send information to the sink node. In this context, the designer of these services must investigate the mobility of sink node to meet QoS requirements. In mobile networks, mobile multimedia applications are delay-sensitive, loss-sensitive and causing overhead. There are mainly four ways of providing mobility nowadays. The first approach concerns link-layer mobility that is specific for each radio access network. In cellular networks, the handover from one node to another one is performed with the serving radio network subsystem relocation procedure [5] [29] . The second approach handles mobility at the network layer by using Mobile IP [6] . The third approach is to consider mobility at the transport layer by using mobile SCTP (Stream Control Transmission Protocol) [7] . The last approach is to use application-layer mobility with Session Initiation Protocol (SIP) [8] .
Although the mobile SIP and mobile IPv6 [9] [10] offer mobility management capability, mobile IPv6 is not suitable for supporting streaming media with stringent delay and eliminates packet losses requirements. Enabling mobility in IP networks is an important issue for making use of the many light-weight devices appearing at the market. The IP mobility support being standardized in the IETF uses tunnelling of IP packets from a Home Agent to a Foreign Agent to make the mobility transparent to the higher layer. There are a number of problems associated with Mobile IP, such as routing, each host needing a home IP address, tunnelling management, etc. furthermore, Future mobile systems, user demand for continuous connectivity is increasing irrespective of which type of interface or network they are using. With the growth of the wireless internet and the mobile computing marketplace we expect to see mobility without any geographical or network boundaries.
In addition, several works in littirature investigated all-IP communication between WSN and IPv6 networks [11] [12], such as IPv6 over Low power Wireless Personal Area Networks (6Lo-WPAN) [13] which is a protocol architecture that has recently been ratified to enable the seamless interconnectionof wireless sensor networks (WSN) to the Internet. Although, these works bring significant impact especially for interconnection way and data transmission, these improvements remain insufficient against flexibility, address configuration, Mobility, routing mechanisme and congestion problem.
In this situation, the mobility management needs careful investigation to offer reasonable delays and packet loss for mobile multimedia and real time applications in different type of network. Mobile-SIP is evolving as the dominant protocol for multimedia call control in wireless and mobile networks. Providing seamless mobility support is one of the most challenging problems towards the system integration of fourth generation (4G) wireless networks [14] . Most of the related literature focuses on seamless mobility aiming to reduce the packet loss rate and handover delay which would eventually lead to efficiency mobile multimedia communication. Also, application-layer mobility management protocol like the Session Initiation Protocol (SIP) has been considered as the right candidate for handling mobility in the heterogeneous 4G wireless networks.
Several contributions have been proposed to improve performance during handover [15] [16] [17] . Handover latency is the primary cause of packet loss resulting in performance degradation of Mobile IPv6 or mobile SIP. Mobile IPv6 with fast Handover enables a Mobile Node (MN) to quickly detect at the IP layer that it has moved to a new subnet by receiving link-related information from the link-layer [18] . Several research have been conducted in order to improve Link layer handoff performance in terms of handoff delays and packet loss rates for fast handover transmission. Since probe delays consist of the main contributor to the overall L2 handoff latency. [19] proposed a new intelligent fast handover scheme for mobile IPv6-based WLANs. The new approach consists of equipping mobile nodes with pre-configured mobility pattern to select new access point prior to attachment. [20] conducted a simulative evaluation of the overall performance of Fast Handovers for Mobile IPv6 in comparison. [21] enhanced buffer management scheme for Fast handover protocol. [22] described a fast handover scheme based mobile IP ( FMIPv6) combining two operation modes is analyzed considering the PPMF that is affected by the radius of a cell, velocity of mobile nodes, and the layer 2 triggering time. The effect of system parameters, such as the PPMF, the time required to process additional layer 3 signaling, and the layer 2 trigger time, is analytically investigated with respect to the signaling cost and the packet delivery cost. [18] proposed an enhancement to Fast Mobile IPv6 handover (FMIPv6), based on link layer information. Also, we proposed in [23] a seamless multimedia handoff for hierarchical mobile with a novel anticipate buffering scheme. [8] proposed a Predictive Address Reservation with SIP (PAR-SIP) which decreases handoff delay by proactively processing the address allocation and session update using link layer information of wireless networks. [24] introduced application layer techniques to achieve fast handoff for real-time based multimedia traffic in a SIP signaling environment.
In our previous work [16] , we introduced fast hierarchical mechanism FHSIP based on PARSIP mechanism [8] . The main contribution of our work is the integrating our anticipated buffering scheme [23] in our fast hierarchical mobile SIP described in [16] to provide a seamless mobility management over heterogeneous networks.
Also, we try to eliminate packet loss and minimise handover latency for mobile multimedia services. At first, a novel buffering scheme is integrated to achieve free packet loss on fast hierarchical mobile sip environment in which we develop a seamless handover scheme called SM-SIP (Seamless Mobility scheme for Mobile SIP environment). SM-SIP can significantly reduce the system signalling cost and handover delay, by proactively processing the address allocation and session updates using link layer information of wireless networks. Also, our performance study shows that SM-SIP reduces efficiently packets loss using an anticipated buffering scheme.
The rest of the paper is organized as follows. Section II provides theoritical backround. Implementation and Simulation details of our proposed solution SM-SIP are described in section III and IV. We finally conclude the paper in section V.
II. THEORITICAL BACKGROUND
Mobile IP is designed for mobility management; it causes a high latency and signalling overhead during handover. Therefore, advanced mobility mechanisms improving Mobile SIP are desirable to perform efficient handover. Also, appropriate Quality of Service (QoS) HMSIP caters for intra-domain mobility and relies on Mobile SIP2 for handling inter-domain mobility. SM-SIP is based on Hierarchical Mobile SIP to reduce signalling overhead and support seamless handoff in wireless/mobile networks. The regional registration procedure proposed by HMSIP offers low handoff delay, but it remains too high for real time applications which require low handoff. HMSIP can't offer such delays even by eliminating home registration procedure because in addition to time necessary for Link layer handoff, the MH must detect movements in the network layer (it must discover that it is on a new sub-network using Router Advertisement (RA), which a router periodically broadcasts), obtain a new IP Address, re-configure its own network interface and some network parameters to communicate again, and finally update its location information by sending the SIP REGISTER message to the local registrar. Among the above steps, address allocation takes the most part of the handoff delay. DRCP [27] reduces the address allocation time; a handoff still requires a few hundred milliseconds. Address acquisition becomes then the main cause in degrading the service quality in real-time applications. For this reason and in order to reduce handoff delay at a value suitable for real time applications, we propose to reinforce HMSIP with a Predictive Reservation Address mechanism (PAR) (Fig.2) . The regional registration procedure proposed by HMSIP offers low handoff delay, but it remains too high for real time applications which require handoff delay to avoid service degradation. So, to reduce total handover latency, PAR (Predictive Address Reservation) mechanism with HMSIP allows not only reducing handoff delay but also signalling overhead. To obtain Fig.2 . Link layer handover triggering in HMSIP [16] a new IP address in advance, MH must forecast its network layer movements before receiving RA (Router Advertisement) from a router. Network layer movements detection is done as follows: When the Signal to Noise Ratio value (SNR) of the current access point (AP) falls below the Cell Search Threshold, the MH starts to search another reachable AP with higher SNR than the current one (active scan). After the selection of such an AP and using an AP list, MH can verify whether the predictive AP belongs to the same access router or to a neighbour one. If the predictive AP belongs to the same access router, a link layer handoff is performed using its address MAC, else MH starts the Address Reservation Process. To the SIP-MA entity is added a data base to manage the domain access routers information. Each AR contains a neighbour AR information table, updated periodically by the SIP MA entity, to allocate a temporary address and to create an AP list for the MH. [16] The address reservation process is carried out in the same manner as in [8] with some modifications adapting it to the hierarchical environment. When a MH detects network layer handoff, it sends a reservation request to the current AR, cAR, as shown in the (Fig.3) . The cAR sends to MH a temporary local address, topologically correct for the new sub network, and asks the SIP-MA router to validate this address. The SIP-MA router verifies that the allocated address is not used and replies with a validation message. The cAR then authorizes MH to use the allocated address. After this, MH sends a SIP REGISTER message to the SIP registrar of the serving SIP-MA and receives the OK message as a reply before the triggering of the link layer handoff. All mobility Copyright © 2014 MECS I.J. Computer Network and Information Security, 2014, 9, 58-65 support using SIP proposals, privilege the reestablishment of the ongoing sessions (the SIP re-INVITE message) against the location information update after a handoff. But, in HMSIP environment there is no need to reestablish the ongoing SIP sessions after an intra-domain handoff, because the SIP-MA is informed about the new LA of the MH via the regional registration procedure and is able to Mobile SIP. Redirect the data path to the new location. Therefore there is also no need to re-establish in advance an ongoing session in SM-SIP. This allows reducing the number of procedures to be performed before the link layer handoff triggering and therefore the increase of the probability so that the tasks to be performed before the link layer handoff terminate before the triggering of the link layer handoff.
III. SM-SIP
Mobility management with provision of seamless mobility and service continuity is the key topic in mobile network. In this section we will discuss our proposed scheme (SM-SIP).
Our solution tries to provide good QoS performance support for mobile multimedia applications. Signaling overhead and handoff delays are reducing by using fast handover mechanism (combining: Predictive address reservation, handover anticipated) over HMSIP mode. Also, SM-SIP may guarantee seamless multimedia handover as long as the MH moves. But it is still not enough to enhance packet loss over real time and multimedia services. So we propose a integrate data buffering scheme [23] to reduce the amount of buffered user data along with the application requirements by integrating a fast buffering mechanism.
Loss free packet: (Anticipated buffering process using security threshold)
To minimize loss packet during handover, SM-SIP proposes an anticipate buffering (Fig.4) process with conditional tunnelling. This process enabling the temporary storage of the tunnelled before the handover packets, thus eliminating packet loss occurred during the link layer handover period.
In Handoff mechanism, Signal strength based measurements are considered due to its simplicity [28] . Building on this, we define the two following metrics: a) LT (Loss threshold): A packet may be considered as lost if it is received with Signal Strength (SS) less than LT.
b) ST (Security threshold):
This threshold may be useful to synchronize with the start of Buffering application Handover: related to the initial idea was to start buffering with a broadcast message «Handoff Initiate». However, there may be packets loss before sending this message; we define the security threshold for anticipating the buffering before the signal level deteriorates. Soon as the mobile host receives the signal strength equal to the security threshold, it sends a message Application Control Buffer (RCB) to its old access router. This message acts as initiator of storing packets in the buffer. While the packets are being stored, the old access router sends a copy of these packets until there is a disconnection from the mobile host (reached the loss threshold). Note that the buffering continues until the connection with the new router is established and make a record with the new router. Fig.4 . Anticipated Buffering Process [23] SM-SIP handover (Fig.5) is described as follows: 
SIP-Fast_Handoff_Delay= SIP_Handoff_Delay -T2 -T4 = T0 + T1 + T3 + T5 (2)
The integration of PAR mechanism in HMSIP (regional registration) reduce efficiently both handover overhead and delay, moreover, Address reservation delay and registration delay values appeared zero(executed in parallel within an existing SIP session). So, SIM-SIP handoff delay can be estimated as follow: [27] presented a method to simulate sending the video in NS-2. We used this method to simulate the behavior of video transmission to mobile node. Obtaining a trace file can be using as scenario of sending video frames, this trace can be read by the simulator NS-2 (Fig.6 ). This will correspond to a send data during simulation. 
Simulation results
In this section, we analyze the SM-SIP performance against different mobility solutions. It will be carried out four aspects: handover latency, throughput, jitter and handover loss packets. As we analyzed the performance of our proposed scheme we proved that SM-SIP transmits message faster and efficient than FMIPv6, FHMIPv6 and HMIPv6. As seen in the (Fig.8) , SM-SIP packets lost rate is between 0 and 0.024. This means that the packet loss can totally eliminated if we use an anticipated buffering scheme. Fig.9 . Jitter vs sequence number generated Fig.9 shows the jitter comparison under video sequence generated. The mean jitter for video traffic is 0.08 and 0.038s in HMSIP and SM-SIP correspondingly. In the other hand the mean jitter for video traffic is 0.14 and 0.18 s in HMIPV6 and FHMIPV6 correspondingly. Furthermore, we can see that when the payload is light, there is no loss in SM-SIP for video traffic. We can see also, that there is a difference between HMSIP and the SM-SIP6 under heavy background payload; Payload affects more to the performance of HMIPV6, FHMIPV6 and HMSIP than SM-SIP. When there is heavy background payload, the loss rate of HMIPV6, FHMIPV6 and HMSIP is bigger than that of SM-SIP. Fig.10 shows the dependency of the system throughput on buffer size. We allocate different buffer sizes to mobile nodes to see the dependency of the aggregate throughput on the buffer size. Tha average throughput is: 29, 25, 26, and 33 for buffer size equal to: 40 packets, 100, 500, 1000 correspondingly.
We can say that under small buffer conditions and under video-traffic, a reduction the buffer size choice has a positive effect on the throughput performance. So, we can overcome throughput exceeds the saturation throughput, by allocating the right buffer size. This may not be easy in practice because one does not necessarily know a priori the number of clients in the system or their respective arrival processes. Fortunately, even if one cannot perfectly fit the buffer size to the traffic scenario, not much is lost in term of throughput. As we have seen, a smaller buffer gives identical throughput performance as a large buffer under ten users and more, in which case smaller buffers outperform large buffers.
V. CONCLUSION
This paper proposes a handover scheme for achieving mobile multimedia services. The integration of the PAR mechanism with the Hierarchical Mobile SIP reduces significantly the handoff latency. Also, the integration of anticipated buffering reduces significantly the handoff packet losses during the handover process but its integration with the HMSIP environment provides better handoff performance. The paper analyzes the scheme's performance parameters, including the handover latency, throughput, jitter and handover loss packets. As we analyzed the performance of our proposed scheme we proved that SM-SIP transmits message faster and efficient than FMIPv6, FHMIPv6 and HMIPv6.
